In fields of controlling acoustical noises, the overall adaptive control system is nonlinear due to the loudspeaker, amplifiers, converters, and microphones, etc. and the performance of noise control is decreased by the extent of nonlinearities, so an adaptive control system compensating nonlinear distortions is needed. In this paper, a new multi-channel adaptive noise controller was proposed, which was combined with the adaptive compensator to effectively linearize nonlinear distortions in the overall adaptive control system. Through computer simulations, the proposed adaptive compensator could linearize the nonlinear distortions and the proposed noise controller had better capability of controlling the noises than the conventional LMS controller.
I. Introduction
The adaptive noise control of sound and vibration involves the introduction of a number of controlled secondary sources driven such that the field generated by these sources interferes destructively with the field caused by the original primary source. Simple acoustic problems such as fan noise in which the sound propagation is one dimensional can be effectively controlled using a simple single channel system. However, applications in which the sound field is spatially more complex, as for example in the case of adaptive control of propeller induced cabin noise, [1] require a multi-channel approach. The multiple-error LMS algorithm has shown itself to be very effective and robust when used in these situations. [2, 3] This algorithm, however, has a slow convergence speed and a correlated reference signal must be available.
In real environment of adaptively controlling the acoustical noises, the presence of a transfer function in the secondary path following the adaptive controller and/or in the error path, been shown to generally degrade the performance of the LMS algorithm. Also, the overall active control systems may be nonlinear due to the loudspeaker acting as the secondary source, including amplifiers, converters, and microphones acting as the sensor, etc. In this environment, the performance of adaptive noise control may be decreased by the extent of nonlinearities and an adaptive control system compensating nonlinear distortions is needed.
In this paper, a robust multi-channel adaptive noise control system with a compensator of nonlinear distortion in the secondary path is presented. Thus, the new adaptive controller can make overall adaptive control systems linear and may have higher performance.
This paper is organized as follows. Section II provides a derivation of the proposed adaptive nonlinear compensator
and Section III provides a derivation of the proposed adaptive noise controller. The experimental results are presented in Section IV, and concluding remarks are summarized in Section V.
II. The Adaptive Nonlinear Compensator
In terms of, the block diagram [4] of the proposed single-channel nonlinear compensator adaptively linearizing nonlinear distortions in the secondary path is shown as Fig.   1 . The memory-less adaptive compensator, or pre-processor N is located in front of a nonlinear distortion generating system H. Here, H is assumed to be a delay-less system, which comprises of linear combination of P nonlinear functions representing overall nonlinear distortion systems.
The adaptive compensator is composed of the linear combination of the nonlinear functions and the relations between inputs and outputs are as follows.
where  is the number of the used functions and      ⋯ represents the nonlinear functions series and the Taylor series, the Fourier series etc. can be used for it. When the outputs of the nonlinear functions and the coefficients of the adaptive compensator can be defined as follows,
with
where  and  are the weighting factors of the original reference signal and the feedback error signal, respectively and equal to small constants.
The optimum coefficient value of the compensator is given by minimizing the variance of the distortion and its compensation mechanism is produced as follows.
III. The Proposed Multi-channel Adaptive Noise Controller
The block diagram of the proposed multi-channel adaptive control system is shown as Fig. 2 . [3] In the figure, 
where  and   are the weighting factors of the original reference signal and the l-th error sensor output respectively and determine the stability of the original reference signal and the l-th error signal, respectively.  is the number of the coefficients for the adaptive FIR filters and  is the number of the error sensors.
The outputs of the adaptive nonlinear compensators   are as follows.
where  is the number of the used functions and      ⋯ represents the nonlinear functions series and the Taylor series, the Fourier series etc. can be used for it. Here, adaptive nonlinear compensators   assume to sufficiently estimate the nonlinear distortions from speakers to error sensors. [4] The sampled output of the l-th error sensor is   , which is equal to the sum of the desired signal , due to the primary source alone, and outputs due to the actuators. Let the transfer function from the input of the m-th actuator to the output of the l-th sensor be modeled as a J-th order FIR filter, whose j-th coefficient is   , so that
Let the cost function at each error sensor be defined as
where • denotes an expectation value. If the reference signal and the error signals are at least partly correlated with each , it is possible to reduce the value of by deriving the secondary sources. The total error may be a quadratic function of each of the filter coefficients and the optimal set of these coefficients required to minimize may thus be evaluated adaptively using gradient descent methods.
The gradient vector is evaluated as follows. If each coefficient is now adjusted at every sample time by an amount proportional to the negative instantaneous value of the gradient, the filter coefficients adaptation mechanism is produced. algorithm, [2] and for a single speaker and single microphone system (    ), these are also reduced exactly to the "Filtered-x LMS" algorithm.
[5]
IV. Experimental Results
For simulations, an adaptive control of engine noises in a car with two speakers and two microphones was performed.
The structure of the proposed multi-channel adaptive control system linearizing nonlinear distortion in a car is shown as Fig. 3 . Here, the overall adaptive control systems may be nonlinear due to the loudspeaker acting as the secondary source, including amplifiers, converters, and microphones acting as the sensor, etc. In this experiment, the nonlinear distortions are difficult to estimate, so the sigmoid function assume to exist in the secondary path as nonlinear distortion generating components. estimated using the maximum length sequence. [6] The adaptive nonlinear filters are pre-distorters and function as inverse filters to estimate nonlinear distortions [7] Figs. 
